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SUMMARY 

A method is described of coding baseband signals for processing or trans- 
mission through channels which require noise improvement but have insufficient 
available bandwidth to support wide-band f,m, or conventional p.c.m. signals. 
The method, referred to as hybrid-pulse coding, is a variant of multilevel p,c,m. 
in which the least significant digit is made continuously variable in amplitude, 
thus avoiding quantizing noise, 

A theoretical feasibility study has been made of the application of hybrid- 
pulse coding to the transmission of 625-line SSMHz video signals over poor r,/", 
circuits. The report describes the selection of system parameters and makes a 
theoretical appraisal of the noise improvement of h,p.c,m, systems. The perform- 
ance of the system is compared with that offered by narrow»hand f.m. transmission; 
further coding developments and some modulation schemes are also discussed. 



PRINCIPAL SYMBOLS 

W channel bandwidth, Hz 

fo bandwidth of baseband (video) signal (= 5-5 MHz) 

X bandwidth expansion factor (= W/fo) 

S signal-to-noise ratio (s.n.r.), dB 

P mean signal power, watts 

N mean noise power, watts 

m total number of quantization levels (digital index) 

s{t) Instantaneous signal- waveform 

d(t) digital signal component 

a(t) analogue signal component 

n(t) instantaneous nclse voltage 

p digital error probability 

T ideal Nyquist spacing (= 1/2/o) 



1. INTRODUCTION 

It is sometimes required to send or process signals 
through transmission systems which have inferior 
signal-to-noise performance as a result of using com- 
munication channels which are subject to excessive 
interference from extraneous signals or noise, or have 
limited transmitted power. Such systems include 
point-to-point r.f. links and cable circuits for signal 
distribution, r.f. channels for broadcast services, and 
signal storage devices. 

An Important result of information theory^ is that 
the signal-to-noise performance of a communication 
channel can be improved by coding the signal into a 
bandwidth which Is larger than its base bandwidth; 
well-known examples are binary pulse-code modulation 
(p.c.m.) and high-deviation frequency-modulation (f.m.). 
In some circumstances, however, it may be possible 
to increase the signal bandwidth by a factor of two or 



three but not by the large factor required by binary 
p.c.m. or wide-band f.m; moreover, it is not always 
necessary to operate with an extremely low signal-to- 
noise ratio (s.n.r.). Coding methods suitable for 
operation under these conditions include multilevel 
p. cm. and narrow-band f.m. 

The theoretical exchange ratio between channel 
bandwidth and channel s.n.r. is given by Shannon's 
mean power theorem^ which states that an ideal system 
has the capacity W log^ (1 + P/N) bits/s where P is 
the average signal power, N the random white noise 
power and W the bandwidth. It follows that, assuming 
ideal coding with P//V»1, a signal which requires a 
bandwidth W and a s.n.r. SdB can be transmitted with 
negligible error through a channel of bandwidth xW and 
with a s.n.r. S/xdB. For example, by doubling the 
bandwidth the signal power can, in theory, be halved, 
in logarithmic units, without affecting the communica- 
tion rate. In fact, assuming wide-band transmission 
and perfect instrumentation, it can be shown'^ that 
with p. cm. the s.n.r. increases as x whereas with 
f.m. it varies as log x; thus, as the bandwidth is in- 
creased, a p.c.m. system will eventually give a greater 
noise improvement than an f.m. system. More elab- 
orate analysis shows that, even in narrow-band chan- 
nels, p.c.m, can always provide a greater noise im- 
provement than f.m. provided that the p.c.m. system 
employs pulses with a sufficient number of levels. 
Moreover, it can be shown that narrow-band multilevel 
p.c.m. systems operate closer to the ideal Shannon 
exchange-^rate than broadband binary systems. This 
suggests that multilevel p.cm. might be the optimum 
form of coding for narrow-band channels requiring 
noise improvement. In fact this method of modulation 
has been proposed previously for transmission in co- 
axial cable circuits."*'^ 
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A practical multilevel p.c.m. system must neces- 
sarily employ signal sampling and some form of quan- 
tization. It has been pointed out by Earp,*^'^ however, 
that the 'most-ambiguous* (i.e. least significant) digit 
of a p.c.m. signal could be transmitted as the dif- 
ference between the actual signal value and the quan- 
tized signal value represented by the other digits. 
In this modified system, henceforth referred to as 
'/lybrid'-pulse-code modulation (h. p.c.m.), the least 
significant digit of a multilevel p.c.m. system is 
replaced by an analogue pulse with continuously vari- 
able amplitude.* The advantage of h.p.c.m. over 
binary or multilevel p.c.m. is that quantization noise 
is eliminated; moreover, each digital pulse can be 
made to represent a smaller number of levels without 
having to increase the transmission bandwidth to 
accommodate more pulses. 

The signal-to-noise performance of h.p.c.m. is 
determined by the total number of levels represented 
by the digital component of the signal. If the number 
of quantizing levels is 77i**and the working s.n.r. of 
the channel is high enough to provide virtually total 
protection against digital errors, the signal-to-noise 
improvement (s.n.i.) of the system is simply 20 \og±om 
dB. This follows because the analogue pulse rep- 
resenting the difference between the actual signal 
value and the digital value is made to f ully-modulate 
the channel; it is consequently reduced in amplitude 
in the ratio m'A at the receiving terminal so that the 
superposed channel noise is reduced by the same 
factor. Although the s.n.i. increases with m, the 
maximum value obtainable in practice is set by the 
s.n.r. of the chahnel since the digital error rate also 
increases as the level increments are reduced relative 
to the noise. Large noise improvements with low 
channel s.n.r.s can only be obtained therefore by 
spreading the digital component over more than one 
pulse, but this requires greater bandwidths, and 
results in less efficiency. For example, assuming an 
ideal channel with a total of 16 levels in the digital 
signal component providing 24 dB s.n.i., it can be 
shown that an error probability of 10"^ demands chan- 
nel s.n.r.s of 40 dB, 28 dB and 22 dB for 2, 3 and 5- 
pulse systems respectively. Since the corresponding 
theoretically required channel s.n.r.s are 64/2, 52/3 
and 46/5 dB, the bandwidth-s.n.r. exchange effi- 
ciencies are 80%, 62% and 42% respectively; in this 
case, therefore, the twin-pulse h.p.c.m. system with 
multilevel digital component is almost twice as effi- 
cient as the binary h.p.c.m. system providing identical 
noise improvement. 

A feasibility study has been made of the theory 
and application of h.p.c.m. systems; the present 
report describes this work and discusses twin-pulse 
systems in detail since these appear to be optimum 

* Independently suggested by G*G, Gouriet, July 1967. 

** Quantizing levels are numbered 0, 1, 2, , , . , m and it is 
assumed that there are m threshold detectors. 



from the standpoint of communication efficiency. 
Although h.p.c.m. has potential application to both 
sound and television signal processing and distribu- 
tion, particular emphasis is given to hybrid coding 
625-line video signals for transmission links in which 
the extraneous signals are likely to be random noise 
and co"Channel interference. High-quality sound 
signals necessitate high-index hybrid coding for maxi- 
mum improvement; the large number of digital levels 
required would involve formidable instrumental prob- 
lems. 
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Fig, 1 - Principle of hybrid-pulse coding 

(a) Sampling and quantizing original signal s(f}lnto 9 level 

(b) Twin-pulse 9-level h.p.c.m. 

(c) Triple-pulse, twin-ternary, h.p.c.m. 



Further reports will describe the special prob- 
lems of instrumentation and the performance of a 5- 
level twin-pulse h.p.c.m. video system in some detail. 



2. THEORETICAL CONSIDERATIONS 

2.1. General 

The hybrid-pulse coding process is illustrated 
in Fig. 1 for the case of a 9-level system. As in 
conventional p.c.m., the input waveform s{t) is sam- 
pled at regular Nyquist intervals not greater than 
1/2W seconds apart (Fig. 1(a)) where W is the nominal 
bandwidth of s(t); the quantized amplitudes are shown 
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Fig^ 2 - Noise improvement with ideal Kp,c,m^ system 



by thin vertical lines and the quantizing errors by 
thick lines. Fig, 1(fo) shows the signal samples 
hybrid-pulse coded Into two pulses per sample; the 
9-level digital pulse D is followed by an analogue 
pulse A whose amplitude equals 9times thequantizing 
error. Fig. 1(c) shows the signal alternatively coded 
into three pulses per sample with the quantized com- 
ponent sent as two ternary pulses Di and D2; the 
analogue pulse A remains unchanged. If the pulse 
information is sent as a pulse-amplitude modulated 
(p. a.m.) transmission in an ideal channel having a 
sinx/x impulse response, the transmission bandwidth 
need be no greater than 2W for the twin-pulse system 
and 3W for the triple-pulse system. Pulses can be 
sent either in serial form as a time-division multiplex 
(t.d.m.) transmission over a single channel or in 
parallel as a simultaneous transmission over several 
channels; amplitude-, phase- or frequency-modulation 
may be employed* In the present discussion we shall 
be concentrating our attention on the twin-pulse p. a.m. 
hybrid system. 

The noise improvement with h.p.c.m. is determined 
by the total number of quantizing levels m represented 
by the digital pulse(s)* The mechanism of noise 
improvement is illustrated in Fig. 2 which shows a 
signal s being applied to a simultaneous twin-pulse 
transmission system having a total channel bandwidth 
of 2W. The digital signal d is formed by the train of 
quantized samples band-limited to WHz; the analogue 
signal a, similarly formed by a train of amplitude- 
modulated samples, is made to fully-modulate the 
channel by making it equal to m times the band-limited 
difference signal s-d. The signals arriving at the 
receiving terminal will be contaminated by a super- 
imposed random noise signal n. Provided that the 
peak level of n does not exceed half the height of one 
quantization step the signal d can be regenerated in 
the decoder without error. The original signal is re- 
constructed by attenuating the received a signal by 
the factor m and adding it back to d. The resulting 
instantaneous output signal is s + n/m so that the 
noise Improvement Is m times or 20 logiom dB; the 
same result applies in the case of a t*d.m. trans- 
mission. 



60 



50 



40 



30 















numb 


er of lev 






^ 


/I 












„ 




^ 


yy 


i^"^ 











/X^ 




^y<r^ ^ 


-^ 















^ 


y 


__^ 










__— 


/ ^ 


^ 


[^ 


— 










^ 


^ 















.-^ 

















, ' 





10' 



10' 



10" 



10" 



10- 



error probabilty,p 

Fig, 3 - Digital error probabilities for twin-pulse 
h.p.cm. 



If the channel noise is too large the full s.n.i. 
will not be obtained because noise peaks can then 
produce errors in the decoded digital signals which 
are of sufficient magnitude to contribute significantly 
to the noise in the reconstructed output signal. For a 
given channel s.n.r. the probability of digital errors p 
increases with the number of levels in each pulse 
since this reduces the noise margin of the level 
increments. By making certain assumptions about the 
statistics of noise bursts in a band-limited channel 
and also assuming that the digital noise contributes 
on a power basis the important theoretical character- 
istics of an h.p.c.m. system can be derived. 



* Appendix, Ssction 6.1 



Computed characteristics for twin-pulse h.px.m. 
are given in Figs. 3 and 4; ideal s\wc/x transmission 
is assumed so that the total bandwidth Is 2W. The 
dependence of output s.n.r. on error probability with 
level number m as parameter is shown in Fig. 3; the 
output s.n.r. in this case Is specified as peak signal- 
to-r.m.s. unweighted noise for a unipolar pulse system. 
As only half the total number of pulses in a given 
period are digital the error rate Is given directly by 
the product of p and the sampling frequency 2W. For 
example, with p = 10"°^ the error rate would be about 
one every 30 sees for high-quality sound coding and 
about one every 4 fields for 625°line television sig- 
nals; In this region, the error rates decrease by over 
one order of magnitude for an increase of only 1 dB In 
the output (and input) s.n.r. 



The noise improvement characteristics are shown 
In Fig. 4. The linear portions of these curves cor- 
respond to the 'analogue-limited' region in which the 
channel s.n.r.s. are high enough to avoid any signif- 
icant noise contribution from digital errors. The 
broken line represents zero s.n.i. so that the actual 
s.n.i. for each level number m is given by the height 
of the corresponding curve above this line. The steep 
portions of the curves represent the 'digital-limited* 
region where the output noise is predominantly that 
due to digital errors which swamps the attenuated 
analogue noise In the reconstructed signal. With very 
low channel s.n.r. s the noise bursts can even be 
large enough to give digital errors of more than one 
quantization step but, as no account of this has been 
taken In the analysis, the s.n.i characteristics ex- 
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TABLE 1 
Hybrid-coding Parameters for Video Transmission — System I, Output s.n.r. 48 dB 



Digital ievels. 

m 


3 


4 


5 


6 


7 


8 


9 


10 


Channel s.n.r.. 
dB 


38.5 


36.0 


34.0 


33.8 


34.6 


35.4 


36.1 


36.8 


Noise improve- 
ment, dB 


9.5 


12.0 


14.0 


14.2 


13.4 


12.6 


11.9 


11.2 


Error proba- 
bility, p 


10-^^ 


10'^^ 


2.1 X 10"^ 


1-4 X 10"'^ 


3.7 X 10"^ 


6.6 X 10""^ 


1.1 X 10-^ 


1.5 X lO"*^ 



hibit a lower taiU The knee of each characteristic is 
fairly well defined and represent the points where the 
noise outputs from the analogue and digital channels 
are of the same order of magnitude. The envelope of 
these threshold points is a straight line with a slope 
of 2 and as m is Increased the threshold s.nJ. due to 
hybrid coding approaches the channel s.n.r; thus, in 
the limit, a 2:1 noise improvement with twin-pulse 
(double bandwidth) transmission, as predicted by 
information theory, would be reached. 

2.2. Choice of Parameters for a Video System 

The noise improvement in h.p.c.m. depends upon 
the wanted output s.n.r., the number of digital levels, 
and the channel bandwidth. Above threshold the s.n.i. 
increases with m for a given channel s.n.r. but the 
digital error rate 2Wp also increases. The maximum 
improvement for a given output s.n.r. is obtained by 
using the largest number of levels consistent with an 
acceptable error rate. 

For the transmission of 625°llne television sig- 
nals over long distances the unweighted video s.n.r. 
should not fall below 45-5 dB.* Since the peak ampli- 
tude of the composite video signal exceeds that of the 
picture signal by about 2-5 dB, the output peak signal- 
to-unweighted r.m.s. noise ratio Is therefore required 
to be of the order of 48 dB. Table 1 shows the varia- 
tion of s,nj. and error rate with m for an output s.n.r. 
of 48dB. Although 6 levels gives the largest noise 
improvement, an error probability In excess of 10°"^ Is 
considered to be unacceptable. For 5 levels, however^ 
the noise improvement is reduced by only 0*2 dB to 
14 dB and with p = 2 x 10"® the error rate of about 
one per frame should be acceptable. The actual 
bandwidth required for simultaneous or sequential 
transmission depends upon the pulse representation 

* CCIR Recommendation 451: for System I, the peak signal- 
^O'Weighted r.m.s. noise ratio should be <f;S2 dB for >1% 
time. A weighting factor of 6-5 dB is assumed here; this 
is consistent with the weighting curve for continuous ran- 
dom noise given in Recommendation 451. 



of the component signals. Although the limitations of 
filters and channel equalization preclude perfect 
sin%/% transmission this condition may be approached 
with careful design. Other pulse shapes are worth 
considering; bandwidth considerations apart, the only 
important criterion is that the digital component can 
be regenerated without error at the receiving terminal. 
It is essential, therefore, that interpulse crosstalk 
(especially analogue-to-digital or digital-to-digital) 
should be substantially less than half one digital step 
in order to retain sufficient noise margin. Table 2 
compares those properties of sinx/x and cos^x pulses 
which are relevant to hybrid-pulse coding; the cor- 
responding results for t.d.m. transmission are obtain- 
ed by replacing T by T/2. It is clear that, although 
cos^x (IT-test pulse) transmission requires twice the 
bandwidth of sinx/x transmission, it does provide 
greater immunity to Interpulse crosstalk, which can 
arise from channel distortions and decoder timing 
errors. Evidently, even with low-index coding, both 
forms of transmission would require very high stability 
of channel parameters; a sinx/x transmission Is limit- 
ed to about 5 or 6 levels in the digital component. It 
is not thought that intermediate pulse shapes offer 
any advantage. 

2.3. Comparison with Other Coding Systems 

General comparisons of coding systems in terms 
of information capacity are already available.® The 
present discussion is limited to transmission systems 
trading bandwidth for s.n.r. where the bandwidth is 
expanded by the same factor as for h.p.c.m,, namely 
2 to 4 times. Modulation systems can be compared 
directly with baseband coding systems by ignoring the 
sideband shift due tothe carriermultiplicationprocess. 

Multilevel p.c.m. differs from h.p.c.m. In that the 
quantizing noise Is not eliminated so that, providing 
the digital error rate Is low enough, the effective out- 
put s.n.r. is determined by the total number of levels 
in the quantized signal. For the sake of example, let 
us assume that quantized television pictures need to 



TABLE 2 

Comparison of Two Pulse Shapes for a Video h,p,c,m. System — Simultaneous 
Transmission with Pulse Spacing T (= '\/2fo) ^91 ns 





Pulse shape 




s'mx/x 


cos^x 


Waveform s(t) 


T s\n{7Tt/T) 

nt --OQ<f<00 


cos^ (7Tt/2T) 

-T<t<T 


Spectrum S{f) 


S(f)^^.-fo<f<fo 


/ 1 \ sln277Tf 


\]^T^fy. 277Tf 


Bandwidth W 


fo 


2fo\ -66B,f^fo 


Waveform slope at adjacent sampling 
points, t=±T, 2T, ... rT ... 


±{~1V/rT 





Sampling time errors i 10% 
(ns) to give relative < 5% 
interpulse crosstalk ( 2-5% 


±9.1 

±4.6 
±2.3 


±18.5 
±13.0 
± 9.1 


Expected interpulse crosstalk 
with random phase distortion 
a0=5° 


c-6% 


2- 4% 


/eir-rating for zero noise margin 




>6/m% 



be specified to 6-bit {64-level) accuracy for adequate 
fidelity; this corresponds to a peak signal-to-r.m.s. 
q-nolse ratio of about 47dB. A twin-pulse multilevel 
p. cm. system with 8 levels in each (sinx/x) pulse 
could provide an error rate of 10°^ if the channel s.n.r. 
is about 38 dB. The effective noise improvement is 
therefore only 9dB which is 9dB less than that ob- 
tainable from an 8-level twin-pulse h.p.c.m. system. 
Alternatively, if the multilevel p.c.m. system produces 
64 levels by employing three quaternary pulses per 
sample, the channel s.n.r. required for the same error 
rate is lowered by only about 6dB thus providing 
15 dB effective noise improvement; this figure is 
9dB less than that obtainable from a triple-pulse 
h.p.c.m. system; moreover. It is only 7dB greater 
than that of a 5-level twin-pulse h.p.c.m. system which 
requires only two-thirds the transmission bandwidth. 
In general, then, h.p.c.m. effects an economy in pulse 
number, and hence In transmission bandwidth, com- 
pared with multilevel p.c.m. working with identical 
channel s.n.r.s. 

P.m. systems also provide noise improvement by 
exchanging transmission bandwidth for channel s.n.r.; 
low-deviation f.m. can be accommodated by bandwidth 
expansions of the order 2<x<4 by restricting the 
deviation and^ If necessary, also by employing s.s.b. 
techniques. If the channel s.n.r. Is high enough to 
clear threshold effects it can be shown* that the 

Appendix, Section 6,2. 



s.n.i. for double sideband (d.s.b.) f.m. is approx- 
imately 10 logio53x(x-2)^/8!. With x = 5-5 the s.n.i. 
is approximately 14 dB; we have already seen that 
this figure is attainable using twin-pulse 5-level 
h.p.c.m. which can work with x = 2 if sinx/x trans- 
mission is employed. Pig. 5 shows the noise Improve- 
ment characteristics of low-deviation f.m. with band- 
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Fig. 5 - Theoretical noise improvement character- 
istics for low-deviation f.m: comparison with twin- 
pulse 5-level h.p,c.m. system 
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width expansion x as parameter and includes tiie 5- 
level h.p.c.m* characteristic, for comparison. The f.m. 
threshold (as determined by the Rice 'click* theory^) 
occurs about 10dB below the h.p.c.m. threshold. Pre- 
and de-emphasis can be used to increase the s.n.l. 
although the improvement is limited to about 3 or 4dB 
for colour transmissions; there seems to be no reason 
why the same artifice should not be employed with 
h.p.c.m. to give about the same noise improvement so 
that the comparison between the two systems is sub- 
stantially unchanged. 

The conclusion is that if the video transmission 
bandwidth is limited to only 11 MHz then h.p.c.m. 
is the optimum form of coding; a 5-level sinx/x sys- 
tem can offer 14 dB noise improvement whereas f.m, 
gives no noise improvement at all. On the other hand, 
if the available bandwidth were 22 MHz, there is little 
advantage in using h.p.c.m. cos^x transmission com- 
pared with f.m. 



3. DEVELOPMENT OF A PRACTICAL SYSTEM 

3.1, Baseband Considerations 

The basic arrangement at the sending and receiv- 
ing terminals for an h.p.c.m. system is shown in Fig. 
6. The digital output from the coder is in the form 
of binary or multilevel p. cm. whilst the analogue out- 
put is a signal representing the quantization noise; 
both components are arranged to fully-modulate the 
associated r.f. channel(s). At the receiving terminal 
the digital signal is regenerated and the original input 
signal is reconstructed by adding this component 
back to the received analogue signal which is suitably 
delayed to provide accurate waveform synchronization. 

For minimum bandwidth transmission (x=2) the 
digital component is transmitted as a single multilevel 
sinx/x pulse; in this case the p.c.m. codecs (Fig. 6) 
can be replaced by amplitude-quantizers and low-pass 
filter combinations. In order to exploit the full noise 
advantage of the coding system, these quantizers must 
incorporate time sampling; the hybrid coder and 
decoder therefore have to be synchronized. The 
synchronization accuracy is criticalfor good perform- 
ance and this applies to both simultaneous and sequen- 
tial (t.d.m.) systems. A practical h^p.c.m. system 
must provide a synchronization clock signal but 
ideally use up no additional channel bandwidth for its 
transmission. One method of achieving this with a 
colour signal is to synchronize the clock to the sub- 
carrier burst signal on every line. The third harmonic 
of the subcarrier frequency is about 13-3 MHz which is 
an acceptable sampling frequency for the present 
application; moreover, from Table 2, a ± 3 ns timing 
accuracy (corresponding to a 5° phase tolerance) is 
adequate for h.p.c.m. synchronization. 
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Fig. 6 " Simplified block diagram of hybrid'-pulse cod- 
ing system 

(a) sending terminal; hybrid coder 

[b) receiving terminal: hybrid decoder 



quantization steps. This would entail referring the 
analogue signal gain to the instantaneous quantizing 
level of the digital signal; such a process is perfect- 
ly feasible in practice. With television, however, the 
variation of noise visibility over the grey scale is very 
small and the process of gamma correction effectively 
exploits what advantage there is to be gained from 
companding. Noise improvement can also arise from 
the noise spectrum shape in relation to the standard 
weighting curve and from using pre-emphasis but, if 
requirements for colour are to be met,* the advantage 
to be gained is slight and probably amounts to no more 
than 1 or 2dB. 

An h.p.c.m. transmission requires the inclusion 
of an amplitude reference signal to enable, the input 
signal to the hybrid decoder to be properly related to 
the specified quantization levels. Television signals 
contain a peak amplitude reference every frame if the 
pulse-and-bar test waveform is included; if required 
however, there is no reason why a special multilevel 
staircase signal should not be sent during the field 
blanking period. Sound transmissions would obviously 
present difficulties in this respect because of their 
continuity but it might be possible to expand the trans- 
mission bandwidth by a small factor to include some 
reference pulses; if these pulses were sent as a 
short regular burst, they could also provide clock 
synchronization. 



In principle, an h.p.c.m. transmission system can 
incorporate companding, effected by using tapered 



* CCIR Recommendation 405; Fig. 2, curve (c) is a suit- 
able pre-emphasis qurve. 



3.2. Transmission of Composite Signal 

For r.f, transmission the two components of the 
baseband h.p.o.m. signal must together modulate a 
single- or double-carrier signal. There are many pos- 
sibilities. If the composite signal is in t.d.m. form it 
can modulate a single carrier in amplitude, frequency 
or phase. On the other hand, if the composite signal 
is left in simultaneous form it is possible for the 
analogue and digital components to modulate different 
carrier parameters. ^° For example, with twin carriers, 
the digital signal might be transmitted as a phase- 
quantized carrier and the analogue signal as a sep- 
arate a.m. transmission, either single- or double- 
sideband. Quadrature modulation of a single carrier 
by the analogue and digital components is another 
feasible simultaneous modulation process. In this 
method the r.f. bandwidth* required is twice that of 
the h.p.c.m. component with the larger bandwidth 
since quadrature transmission demands d.s.b. modula- 
tion; a phase reference must also be provided. If 
single sideband (s.s.b.) modulation is employed the 
bandwidth required for single carrier a.m. transmission 
is equal to the sum of the component bandwidths; 
with equal component signal bandwidths this is 
identical to the transmission bandwidth required by 
quadrature modulation. S.s.b. transmissions, as is 
well known, present a number of difficulties, however, 
so that in practice, t.d.m. a.m. transmissions would 
probably employ vestigial s.b. modulation unless the 
channel could accommodate a d.s.b*-t.d.m. trans- 
mission. 

The simultaneous h.p.c.m. system of quadrature 
modulation warrants further discussion. It has the 
advantage of providing noise improvement without 
necessitating any more bandwidth than conventional 
a.m.; unfortunately, however, the system is especial- 
ly prone to interchannel crosstalk. If co-channel 
interference is present the reference carrier may 
become phase-modulated so that the demodulated com- 
ponent signals can mutually interfere with each other. 
Although the digital component is protected by quan- 
tization, analogue crosstalk into the digital channel 
is weighted by the factor m since it occurs prior to 
analogue attenuation. For a phase error of cf) at the 
synchronous detector, the analogue-to-digital cross- 
talk Is approximately sine/) for a full-amplitude anal- 
ogue component. For example, with c^ = 3° the noise 
margin of the digital signal at the decoder will be 
decreased by 50% in the case of a 5-level h.p.c.m. 
system, whereas with a high-index system such as 
m = 25, which might be required for high-quality sound 
coding, the corresponding phase error 0cs;O.6° 

Quadrature-modulated h.p.c.m, has been tentative- 
ly suggested** as a possible means of improving a.m. 
sound broadcast reception. Such a system can be 

Sin:)C/x baseband signals are assumed; for cos"^ trans- 
mission these bandwidths should be doubled. 

** by G.G. Gouriet. 



made compatible with s.s.b. transmissions, should 
these be introduced, simply by inserting a deliberate 
constant phase shift of cof^m into the reference 
carrier signal to the synchronous detector of the s.s.b. 
receiver; the detector output is then proportional to 
the sum of the digital and correctly weighted analogue 
components. Such an arrangement would only be re- 
garded as an interim solution since the noise improve- 
ment of h.p.c.m. is not achieved; this of course 
requires regeneration of the digital signal in a quan- 
tizer and also a quadrature demodulator for separation 
of the two components. Moreover, the 'compatible' 
h.p.c.m. system is no less sensitive to phase errors 
than the original quadrature modulation system whence 
it is derived. 

An interesting variation of the t.d.m. system is 
obtained by switching, not between the analogue and 
digital components a = m(s-d) and d respectively, but 
between sum and difference signals proportional to 
a + d and a - d. The result of this process is equiv- 
alent to a frequency division multiplex of the com- 
ponents a and d since the spectrum of the t.d.m. sig- 
nal consists of a as baseband and d as suppressed 
carrier d.s.b. modulation with the lower sideband just 
clearing the baseband component. The system requires 
a minimum bandwidth expansion factor of 3 times; 
with a small increase in sampling frequency theswitch- 
ing phase information can be sent by inserting a half- 
frequency component between the baseband and lower 
sideband spectra.* This modified t.d.m. system is 
well matched to cable circuits where the noise rises 
steeply with frequency and it is obviously advantag- 
eous to restrict the upper part of the coded signal 
bandwidth to the more heavily protected digital com- 
ponent. 

H.p.c.m. signals transmitted over cable or r.f. 
circuits would be particularly susceptible to inter- 
channel crosstalk if the circuits were poorly equal- 
ized. In the case of r.f. circuits the stability of 
channel equalization may be insufficient to maintain 
adequate immunity to interpulse crosstalk and it might 
even be necessary to develop an automatic equalizer. ^ ^ 



4. CONCLUSIONS 

The potential application of h.p.c.m. is in the 
processing or transmission of signals over low- 
performance circuits in which it may be possible to 
expand the signal bandwidth by a factor of only two or 
three times in order to effect noise improvement; this 
includes cable circuits, r.f. links, and signal storage 
systems. High-quality sound circuits would demand a 
high-index system, probably around 25 digital levels 
for optimum working, but such a large number of levels 
would involve formidable instrumental problems; more- 
over, the requirements of sound are quite stringent in 

* A similar process is employed in the pilot-tone stereo- 
phonic (Zenith-G. E.) system. 



terms of waveform accuracy. Vision signals, on the 
other hand, are slightly less demanding in respect of 
both the optimum digital Index and the required wave- 
form accuracy for acceptable fidelity; these factors 
mal<e hybrid multilevel coding practicably feasible. 

A twin-pulse h.p.c.m. video system with 5-level 
digital pulses can theoretically provide 14dB noise 
improvement with an error rate of about one per frame; 
with ideal sinx/x transmission the total coded band- 
width for 625"! Ine signals Is only 11 MHz. For the 
same noise improvement an f.m. system requires a 
transmission bandwidth of roughly 30 MHz. Channels 
employing sinx/x transmission however are very sus- 
ceptible to distortions producing interpuise crosstalk. 
Although cos^x h.p.c.m. transmission, requiring a 
coded bandwidth of 22 MHz, is less susceptible to 
channel distortions, the noise improvement is only 
about 6dB more than that offered by an f.m. system 
working in the same bandwidth; moreover, the ad- 
vantage is reduced below this figure if pre- and de- 
emphasis is employed. Since h.p.c.m. introduces 
considerable instrumental complexity compared with 
an f.m. system It is considered that it is worth con- 
sideration only If the available bandwidth is restrict- 
ed to around 11 MHz where conventional f.m. provides 
no noise improvement whatsoever. 

The full advantage of h.p.c.m. is not realised In 
r.f. transmissions unless s.s.b. (or v.s.b.) or quad- 
rature modulation is employed. It is emphasized that 
these forms of modulation can give serious interpuise 
crosstalk if phase errors are present; r.f. channels 
are unlikely to provide adequate equalization stability 
unless some form of adaptive equalization is employed. 

To summarize, hybrid pulse coding as a noise 
improvement system is most applicable to those trans- 
mission or processing systems in which the signal 
bandwidth can be expanded by a factor of only 2 or 3 
times; f.m. can normally offer greater improvement if 
the available transmission bandwidth exceeds this 
figure. Since the performance of h.p.c.m. is critically 
dependent on channel equalization, this system is 
most likely to find application in circuits where the 
equalization stability can be reasonably guaranteed; 
such circuits include co-axial cable, s.h.f. links and 
magnetic recording but excludes transmission or sig- 
nal distribution In the broadcast bands. 
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6. APPENDIX 



6.1. Noise Improvement Characteristics of h.p.c.m. 

We assume that the input signal, bandwidth fo, 
is to be hybrid-coded into unipolar pulse pairs for 
transmission In an ideal channel with total bandwidth 
2fo» If the signal is uniformly quantized into m levels 
with quantum step heights Ka where a is the r.m.s. 
noise voltage in the channel (Fig. 7(a)), the channel 
s.n.r. (peak signat-to-r.m.s. noise ratio) is given by, 



(s.n.r.) = 20 iogio mK , dB 



(1) 




]ka/2 



(a) (b) 

Fig. 7 - Signal quantization and digital errors 

(a) signal quantization into m equal levels 

(b) digital errors due to noise bursts 

Considering h.p.c.m. transmission now, the mean 
noise power (i.e. voltage^) associated with the anal- 
ogue signal Is a^/m^ and that associated with the 
digital signal is p(Ka)^ where p is the probability that 
a noise burst will exceed K(j/2 in either direction 
(Fig. 7(b)). The total noise power is, therefore, 
{pm'^K'^ + 1) o^lvf)^. Since the peak output signal Is 
mKo, the output s.n.r. is given by 



(s.n.r.)_ = 10 logi 



''Vpm^K^ +1/ 



. dB (2) 



Combining Equations (1) and (2) we have the following 
expression for the signal-to-noise improvement, 

(s.n.r. )o - (s.n.r.)j. = 20 logiom ^ 10 logio {k + 1), dB 

(3) 



where 



k ^ pm K 



(4) 



is the ratio of digital-to-analogue noise powers. Away 
from threshold k-^0 so that the noise improvement is 



simply 20 logiom; k ^ ^ represents equal r.m.s. 
analogue and digital noise. 

The probability of exactly b noise bursts exceed- 
ing a level V in a time interval T is given by the 
Poisson distribution 

(rT)^ 
P(b) = — - exp i^rT) 

01 

where r is the long term average burst rate. If T is 
the duration of one pulse, only one error can occur, 
i.e. b = 1 so that if rT«1 we have p(1)c-rT. If the 
bandwidth of the (digital) channel is fo we can use 
the following result due to Rice,^ ^ 

r- 3" 1/2^0 exp (-VV2<j^) 

for the average number of noise bursts per second 
which exceed +\/. Except for the outermost levels, a 
digit will be in error at the output if the noise voltage 
exceeds Ka/2 in either direction so that assuming 
2foT = ^ for the ideal s\nx/x channel we have, 



pc^ 3-1/2 exp {^K''/S) 



(5) 



The s.n.r. improvement characteristics (Fig. 4) can 
be computed in the following way. With m as para- 
meter, (s.n.r.)j. is varied and K determined from 
Equation (1);. p is then given by Equation (5) and 
Equations (3) and (4) together determine the noise 
improvement. The digital error rates (Fig. 3) are com- 
puted in a similar way. 

6.2. Noise Improvement Characteristics of Low 
Deviation f.m. 

The signal-to-noise improvement with f.m. ex- 



pressed as a power ratio is given by, 
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(s.n.i.) 



2\fo)\fo) 



(6) 



where AF is the peak deviation, 2B the total channel 
bandwidth and fo the output bandwidth; it is assumed 
that the input (channel) s.n.r.»1 and also that the 
receiver (IF) spectrum is rectangular. If sidebands, 
with amplitudes less than 1% of the unmodulated 
carrier level are taken to be insignificant, the chan- 
nel bandwidth ±B can be restricted to. 



2B^2(AF +fo) 



(7) 



Combining Equations (6) and (7) and writing x = 2B/fo 
as the bandwidth expansion factor we obtain, 

(s.n.r.)o - (s.n.r.), = 10 logio j7(^-2)'[, dB (8) 
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for the signal-to-noise improvement; with large devia- 
tions, i.e. %»2, the noise improvement is simply 
30 logio Xi dB. The noise improvement character- 
istics shown in Fig. 5 were determined from Equation 
(8). 

The threshold performance can be derived by 
using the Rice 'click theory.' Equation (26) p. 403 
of Reference 9 gives an expression for the output s.n.r. 
(mean power ratio) which can be written as, 



(s.n.r.), 



3px^ /8 



\/3px^(1-erf pl/2) + 1 



(9)* 



2 /^ 
* erf p= f exp H^) dt 



^^L 



where p = (s.n.r,)c»1; the input spectrum is assum- 
ed to be rectangular and the carrier unmodulated. Al- 
though Equation (9) is approximate it is based on an 
exact result for the expected number of clicks per 
second, i.e. g(.1-erf p^^^) where g is the radius of 
gyration of the noise power spectrum; Rice shows 
that the modulated case is not very different. Work- 
ing well above threshold with p^oc the denominator 
of Equation (9) tends to unity and the output s.n.r. 
becomes 3p%^/8 which is the previously derived 
result (Equation (8)) for the case %»2. For small 
deviations therefore Equation (9) wifl be in error. 
Nevertheless, in Fig. 5 the threshold region was 
determined by fitting the characteristics derived from 
Equation (8) to those from Equation (9); allowance 
was made for the fact that the characteristics in Fig. 
5 refer to peak signal-to-r.m.s. noise ratios rather 
than mean power ratios. 
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